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FIG. 5
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FIG. 6 30
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FIG. 7
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AUDIO PROCESSING DEVICE AND METHOD

CROSS-REFERENCE TO RELATED
APPLICATION

This application is based upon and claims the benefit of
priority of the prior Japanese Patent Application No. 2012-
264650, filed on Dec. 3, 2012, the entire contents of which are
incorporated herein by reference.

FIELD

The embodiments discussed herein are related to an audio
processing device, an audio processing method, and an audio
processing program.

BACKGROUND

Along with recent trends to more compact and thinner
portable devices such as mobile phones, reproduction devices
installed in mobile phones are getting thinner. However, there
is an increasing demand for high volume sound reproduction
as the usage of mobile phones diversifies into usages such as
for listening to music and watching videos. Vibrations of
reproduction devices are, however, transferred to cases of
mobile phones due to reproduction of speech at high volume
with small reproduction devices, with this leading to breakup
(crackling noise) in the reproduced sound. The sound quality
of reproduced sound deteriorates when breakup occurs often,
and for example spoken voices become hard to catch with
mobile phones.

There is accordingly a proposal for a crackling noise pre-
vention method to prevent crackling noise generated within a
vehicle due to low frequency sound signals contained in audio
signals. In such a crackling noise prevention method, a low
frequency crackling test signal is broadcast into a vehicle by
reproduction with a speaker, and the crackling noise that is
generated within the vehicle is collected by a microphone
provided inside the vehicle. Then a fluctuation signal of
amplitude fluctuations in the crackling noise signal generated
by vibration in resonance with the low frequency signal is
detected by the microphone collected signal, and the charac-
teristics of low frequencies of a frequency characteristic
adjuster (equalizer) input with the audio signal are controlled
such that the fluctuation amount of the fluctuation signal
achieves a set value or lower.

RELATED PATENT DOCUMENTS

Japanese Laid-Open Patent Publication No. 2011-79389

SUMMARY

According to an aspect of the embodiments, an audio pro-
cessing device includes: a setting section that sets a reproduc-
tion sampling frequency and a recording sampling frequency
higher than the reproduction sampling frequency; a digital-
to-analogue converter that, based on the reproduction sam-
pling frequency, converts a sound source signal that is a
digital signal into a reproduction signal that is an analogue
signal; an analogue-to-digital converter, that based on the
recording sampling frequency, converts a recording signal
that is an analogue signal obtained by recording sound that
has been reproduced according to the reproduction signal
converted by the digital-to-analogue converter into an input
signal that is a digital signal; a signal separator that separates
the input signal converted by the analogue-to-digital con-
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2

verter into a low region signal contained in a band ofless than
the reproduction sampling frequency and a high region signal
contained in a band of the reproduction sampling frequency
and higher; and a breakup detector that detects whether or not
breakup is occurring in the reproduced sound based on power
of the high region signal, or based on a difference or ratio
between power of the high region signal and power of the low
region signal.

The object and advantages of the invention will be realized
and attained by means of the elements and combinations
particularly pointed out in the claims.

It is to be understood that both the foregoing general
description and the following detailed description are exem-
plary and explanatory and are not restrictive of the invention.

BRIEF DESCRIPTION OF DRAWINGS

FIG. 1 is a functional block diagram illustrating an
example of a mobile phone installed with an audio processing
device according to a first exemplary embodiment;

FIG. 2 is a functional block diagram illustrating an
example of an audio processing device according to the first
exemplary embodiment;

FIG. 3 is a diagram illustrating an example of frequency
spectra comparing the presence and absence of breakup;

FIG. 4 is a diagram illustrating spectrograms comparing
the presence and absence of breakup;

FIG. 5 is a graph illustrating an example of a transform 0
for computing gain;

FIG. 6is a schematic block diagram illustrating an example
of' a computer that functions as an audio processing device
according to the first exemplary embodiment;

FIG. 7 is a flow chart illustrating audio processing in the
first exemplary embodiment;

FIG. 8 is a functional block diagram illustrating an
example of a mobile phone installed with an audio processing
device according to a second exemplary embodiment;

FIG. 9 is a functional block diagram illustrating an
example of an audio processing device according to the sec-
ond exemplary embodiment;

FIG. 10 is a diagram illustrating an example of a table in
which selection numbers and sampling frequencies are asso-
ciated with each other;

FIG. 11 is an explanatory diagram related to storage of
sound source signals;

FIG. 12 is a schematic block diagram illustrating an
example of a computer that functions as an audio processing
device according to the second exemplary embodiment; and

FIG. 13 is a flow chart illustrating audio processing in the
second exemplary embodiment.

DESCRIPTION OF EMBODIMENTS

Detailed explanation follows regarding an exemplary
embodiment of technology disclosed herein, with reference
to the drawings.

First Exemplary Embodiment

Explanation follows regarding, as illustrated in FIG. 1, an
example of the technology disclosed herein applied to an
audio processing device 10 that is installed in a mobile phone
50, detects breakup during talking and suppresses breakup.

As illustrated in FIG. 1, the audio processing device 10 is
input with a reception signal received by a receiver 51 and
decoded by a decoder 52. The reception signal input to the
audio processing device 10 is an example of a source signal of
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technology disclosed herein. The reception signal input to the
audio processing device 10 is audio processed by the audio
processing device 10, output as a reproduction signal, and
output as reproduced sound from a speaker 53. The repro-
duced sound output from the speaker 53 according to the
reproduction signal is collected by a microphone 54 and input
as a recording signal to the audio processing device 10. The
recording signal input to the audio processing device 10 is
audio processed and output by the audio processing device
10. The output recording signal is encoded in an encoder 55
into a transmission signal and transmitted by a transmitter 56.

FIG. 2 illustrates the audio processing device 10 according
to a first exemplary embodiment. The audio processing
device 10 includes a setting section 11, a digital-to-analogue
converter (DAC) 12, an analogue-to-digital converter (ADC)
13, a frequency converter 14, a signal separator 15, a breakup
detector 16, a breakup estimator 17, a suppressor 18 and an
inverse frequency converter 19.

The setting section 11 sets a reproduction sampling fre-

quency F,,.. in the DAC 12 and a recording sampling fre-
quency F,.. in the ADC 13 based on the input sampling

frequency Fs.

FIG. 3 illustrates frequency spectra during breakup (in the
presence of breakup) and during non-breakup (in the absence
of breakup) when reproduced sound output from the speaker
53 is recorded at a sampling frequency of 32 kHz. As illus-
trated in FIG. 3, in a reproduction band less than the Nyquist
frequency (half the sampling frequency) (low region) the
spectrum with breakup present is close to the profile of the
spectrum in which breakup is absent, and it is difficult to
discriminate between the two spectra. However, due to a
breakup component occurring across the entire respectively
region in a band of the reproduction band and higher (high
region), the power in the presence of breakup is greater than
the power in the absence of breakup. In other words, the
difference or the ratio between the power in the low region
and the power in the high region is smaller when breakup is
present than when breakup is absent.

FIG. 4 illustrates spectrograms of reproduced sound output
from the speaker 53 recorded at a sampling frequency of 32
kHz with breakup and without breakup. In FIG. 4, the hori-
zontal axis is time and the vertical axis is frequency, and the
power intensity of each frequency band is represented by the
shading density. As illustrated in FIG. 4, there are no compo-
nents present in a band of the reproduction band and higher
when breakup is absent, however a distortion component
occurs in the band of the reproduction band and higher when
breakup is present.

Itis consequently possible to detect whether or not breakup
is occurring during reproduction of the reproduction signal
based on a signal of a high region of a recording signal of the
reproduced sound output from the speaker 53 and collected
by the microphone 54, or based on a comparison between a
low region signal and a high region signal thereof.

Thus in order to acquire a signal of a signal band in the
reproduction signal of the reproduction band and higher, the
setting section 11 sets the recording sampling frequency F,
for the recording signal higher than the reproduction sam-
pling frequency F,;,,.. In the first exemplary embodiment, as
an example, the reproduction sampling frequency F,,, and
the recording sampling frequency F,,. are set according to
following Equation (1).

F

play:F S, Free

=Fsx2 (6]
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The DAC 12 converts the reception signal that is a digital
signal into a reproduction signal that is an analogue signal
based on the reproduction sampling frequency set by the
setting section 11.

The ADC 13 converts the recording signal that is an ana-
logue signal to an input signal x[t] thatis a digital signal based
on the recording sampling frequency F,,__ set by the setting
section 11, and outputs the converted signal to the frequency
converter 14. Note that t is the time.

The frequency converter 14 uses a Fast Fourier Transform
(FFT) to convert the input signal x[t] that is a time domain
signal converted by the ADC 13 into an input spectrum X|[f]
that is a frequency domain signal, and outputs the input spec-
trum X[{] to the suppressor 18. Note that f is the frequency.
The number of FFT points is F. The frequency converter 14
computes the power spectrum P[f] from the input spectrum
X[{] according to the following Equation (2), and outputs the
power spectrum P[f] to the signal separator 15.

Fplay

Pf]=10"log ol X/f]1? ()]

The signal separator 15 separates the power spectrum P[f]
computed by the frequency converter 14 into a low region
spectrum and a high region spectrum based on the reproduc-
tion sampling frequency F,,,, set by the setting section 11.
The spectrum of a band less than the reproduction sampling
frequency F,,,, is the low region spectrum, and the spectrum
of a band of the reproduction sampling frequency F,,,,, and
higher is the high region spectrum. In the first exemplary
embodiment, due to setting F,,, =F,../2, separation is made
into the low region spectrum of O to F/2 and the high region
spectrum of F/2 to F. The signal separator 15 outputs the low
region spectrum to the breakup detector 16 and the suppressor
18 and outputs the high region spectrum to the breakup detec-
tor 16 and the breakup estimator 17.

The breakup detector 16 uses the low region spectrum and
the high region spectrum input from the signal separator 15 to
compute a power difference between the low region power
and the high region power. The power difference diff may be
computed for example according to the following Equation

G-

®

The breakup detector 16 detects breakup based on the
computed power difference diff. The difference between the
low region power and the high region power is, as described
above, smaller when breakup is present than when breakup is
absent. The breakup detector 16 therefore, as expressed by
following Equation (4), outputs a breakup detection result=1
to indicate the presence of breakup when the power difference
diff is less than a predetermined threshold value THR. How-
ever the breakup detector 16 outputs a breakup detection
result=0 to indicate the absence of breakup when the power
difference diff is the threshold value THR or greater.

{ 1 if(diff < THR) (€3]
result =

0 else

When breakup is detected by the breakup detector 16, the
breakup estimator 17 estimates the breakup spectrum R[f] in
the low region based on the high region spectrum input from
the signal separator 15. The breakup spectrum R[f] is esti-
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mated for example according the following Equation (5). a[f]
is a weighting coefficient for each band.

®

The suppressor 18 computes the gain G[f] for suppressing
the input signal based on the breakup spectrum R[f] estimated
by the breakup estimator 17. For example, as expressed by
following Equation (6), the gain G[f] is computed based on
the power difference (P[f]-R[f]) between the estimated
breakup spectrum R[f] and the power spectrum P[f] input
from the signal separator 15.

©

Wherein 6( ) is a transform from power difference (P[f]-
R[f]) to gain G[f]. As the the power difference (P[f]-R[{])
gets smaller this indicates a better match of the low region
spectrum to the breakup spectrum. Therefore, as illustrated in
FIG. 5, the transform 6( ) can be determined to make the gain
G[f] smaller the larger the power difference (P[f]-R[{]).

Moreover, as represented by the following Equation (7),
the suppressor 18 multiplies the computed gain G[f] by the
low region component of the input spectrum X[f] input from
the frequency converter 14 to compute the output spectrum
Y[1], which is then output to the inverse frequency converter
19.

Y[=Gf]-X[f] f=0to F/2 %)

The inverse frequency converter 19 uses an Inverse Fast
Fourier Transform (IFFT) to convert the output spectrum Y| {]
that is the frequency domain signal input from the suppressor
18 into a transmission signal y[t] that is a time domain signal.
Note that the number of IFFT points is F,, /F,. (in this case
%) times the number of FFT points F in the frequency con-
verter 14.

It is possible to implement the audio processing device 10
with for example a computer 30 as illustrated in FIG. 6. The
computer 30 includes a CPU 32, a memory 34, a non-volatile
storage section 36, and an input-output interface (IF) 38. The
CPU 32, the memory 34, the storage section 36 and the
input-output IF 38 are connected to each other through a bus
40. The speaker 53 and the microphone 54 are connected to
the input-output IF 38.

The storage section 36 can be implemented for example by
a Hard Disk Drive (HDD) or flash memory. The storage
section 36 serving as a storage medium is stored with an audio
processing program 60 for causing the computer 30 to func-
tion as the audio processing device 10. The CPU 32 reads the
audio processing program 60 from the storage section 36,
expands the audio processing program 60 into the memory
34, and sequentially executes processes of the audio process-
ing program 60.

The audio processing program 60 includes a setting pro-
cess 61, a DAC process 62, an ADC process 63, a frequency
conversion process 64, a signal separation process 65, a
breakup detection process 66, a breakup estimation process
67, a suppression process 68 and an inverse frequency con-
version process 69.
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The CPU 32 operates as the setting section 11 illustrated in
FIG. 2 by executing the setting process 61. The CPU 32
operates as the DAC 12 illustrated in FIG. 2 by executing the
DAC process 62. The CPU 32 operates as the ADC 13 illus-
trated in FIG. 2 by executing the ADC process 63. The CPU
32 operates as the frequency converter 14 illustrated in FIG. 2
by executing the frequency conversion process 64. The CPU
32 operates as the signal separator 15 illustrated in FIG. 2 by
executing the signal separation process 65. The CPU 32 oper-
ates as the breakup detector 16 illustrated in FIG. 2 by execut-
ing the breakup detection process 66. The CPU 32 operates as
the breakup estimator 17 illustrated in FIG. 2 by executing the
breakup estimation process 67. The CPU 32 operates as the
suppressor 18 illustrated in FIG. 2 by executing the suppres-
sion process 68. The CPU 32 operates as the inverse fre-
quency converter 19 illustrated in FIG. 2 by executing the
inverse frequency conversion process 69. The computer 30
executing the audio processing program 60 accordingly func-
tions as the audio processing device 10.

Note that it is possible to implement the audio processing
device 10 with, for example, a semiconductor integrated cir-
cuit, and more particularly with an Application Specific Inte-
grated Circuit (ASIC) or the like.

Explanation next follows regarding operation of the first
exemplary embodiment. When speaking processing is started
in the mobile phone 50, the CPU 32 first expands the audio
processing program 60 stored in the storage section 36 into
the memory 34 and then executes the audio processing illus-
trated in FIG. 7.

At step 100 of the audio processing illustrated in FIG. 7, the
setting section 11 sets the reproduction sampling frequency
F 4, 1n the DAC 12 and the recording sampling frequency
F,..inthe ADC 13 based on the input sampling frequency Fs.
The setting section 11 sets the reproduction sampling fre-

quency F,;,. and the recording sampling frequency F,, such
thatthe F,,, <F,.., for example as expressed by Equation (1).

Nextat step 102, the DAC 12 acquires 1 frames worth of the
reception signal received by the receiver 51 and decoded by
the decoder 52. Based on the reproduction sampling fre-
quency I, set at step 100, the DAC 12 coverts the reception
signal that is a digital signal to the reproduction signal that is
an analogue signal and outputs the reproduction signal. The
output reproduction signal is output as reproduced sound
from the speaker 53.

Next at step 104, the ADC 13 acquires 1 frames worth of
the recording signal collected by the microphone 54. The
ADC 13 then converts the recording signal that is an analogue
signal into the input signal x[t] that is a digital signal based on
the recording sampling frequency F,,_ set at step 100.

Next at step 106, the frequency converter 14 uses a FFT to
convert the input signal x[t] that is a time domain signal
converted into a digital signal at step 104 into an input spec-
trum X[f] that is a frequency domain signal. The frequency
converter 14 also computes the power spectrum P[{] from the
input spectrum X[f].

Next at step 108, the signal separator 15 separates the
power spectrum P[f] computed at step 106 into the low region
spectrum and the high region spectrum based on the repro-
duction sampling frequency F,,;,, set at step 100.

Next at step 110, the breakup detector 16 uses the low
region spectrum and the high region spectrum separated at
step 108 to compute the power difference diff between the
low region power and the high region power. Then the
breakup detector 16 outputs the breakup detection result=1 to
indicate the presence of breakup when the computed power
difference diff is less than the predetermined threshold value
THR. However, the breakup detector 16 outputs the breakup
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detection result=0 to indicate the absence of breakup when
the power difference diff is the threshold value THR or
greater.

Next at step 112, the breakup estimator 17 determines
whether or not breakup was detected at step 110. Presence of
breakup is determined and processing proceeds to step 114
when the breakup detection result output from the breakup
detector 16 is 1. However, absence of breakup is determined
and processing proceeds to step 118 when the breakup detec-
tion result is O.

At step 114, the breakup estimator 17 estimates the
breakup spectrum R[f] in the low region for example accord-
ing to Equation (5) based on the high region spectrum sepa-
rated at step 108.

Then at step 116, the suppressor 18 computes the gain G[f]
based on the power difference (P[f]-R[f]) between the
breakup spectrum R[f] estimated at step 114 and the power
spectrum P[f] separated at step 108. Then the suppressor 18
multiplies the computed gain G[f] by the low region compo-
nent of the input spectrum X[f] converted at step 106 to
compute the output spectrum Y[f], and processing proceeds
to step 120.

At step 118, the suppressor 18 takes the low region com-
ponent of the input spectrum X[ f] converted at step 106 as the
output spectrum Y[f] without modification, and processing
proceeds to step 120.

Atstep 120, the inverse frequency converter 19 uses a IFFT
to convert the output spectrum Y|[{] that is a frequency domain
signal into the transmission signal y[t] that is a time domain
signal. The converted transmission signal y[t] is then encoded
by the encoder 55 and transmitted by the transmitter 56.

Next at step 122, determination is made as to whether or not
a reception signal and recording signal exist for the next
frame. A reception signal and a recording signal exist for the
next frame when the talking processing of the mobile phone
50 continues, and so processing returns to step 102, and the
processing of steps 102 to 120 is repeated. However, no
reception signal or recording signal exists for the next frame
when the talking processing has finished and so the audio
processing is ended.

As explained above, according to the audio processing
device 10 of the first exemplary embodiment, during talking
with a mobile phone, a recording signal collected by the
microphone is converted into an input signal using a higher
recording sampling frequency than the reproduction sam-
pling frequency when converting the reception signal into a
reproduction signal. Breakup is then detected based on the
power difference between a low region less than the repro-
duction sampling frequency and a high region of the repro-
duction sampling frequency and higher in the input signal.
The input signal is suppressed and transmitted when breakup
is detected. Consequently, breakup during talking can be
detected, namely during reception signal reproduction, with-
out the need for prior calibration using a test signal.

Second Exemplary Embodiment

In the second exemplary embodiment, as illustrated in FIG.
8, explanation follows regarding an example in which the
technology disclosed herein is applied to an audio processing
device 20 that is installed to a mobile phone 50 and detects
breakup and prevents breakup during reproduction of a sound
source signal stored in a storage region in the mobile phone
50.

As illustrated in FIG. 8, the sound source signal stored in
the storage region inside the mobile phone 50 is read and
input to the audio processing device 20. The sound source
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signal input to the audio processing device 20 is audio pro-
cessed by the audio processing device 20, output as a repro-
duction signal, and then output as reproduced sound from a
speaker 53. The reproduced sound output from the speaker 53
according to the reproduction signal is collected by a micro-
phone 54 and input as a recording signal to the audio process-
ing device 20. The input recording signal is employed during
audio processing of the sound source signal.

FIG. 9 illustrates the audio processing device 20 according
to the second exemplary embodiment. The audio processing
device 20 includes a setting section 21, a DAC 22, an ADC 23,
a signal separator 25, a breakup detector 26, a synchronizer
27, a storage controller 28 and a reproduction controller 29.
The synchronizer 27 includes a sound source signal storage
section 274, and the storage controller 28 includes a mini-
mum power storage section 28a.

Based on an input sampling frequency Fs, the setting sec-

tion 21 sets a reproduction sampling frequency F,,,, in the
DAC 22 and a recording sampling frequency F,,_.in the ADC

23. In the second exemplary embodiment, as illustrated in
FIG. 10, configuration is made such that a selection number is
input to select from a table in which selection numbers and
plural sampling frequencies are associated with each other. In
the example illustrated in FIG. 10, a selection number j (j=0,
1 and so on to 7) is predetermined so as to increase as the
corresponding frequency increases.

Similarly to the setting section 11 of the first exemplary
embodiment, in order to acquire a signal band in the repro-
duction signal of the reproduction band and higher the setting
section 21 sets a higher recording sampling frequency F, .
than the reproduction sampling frequency F ;. In the second
exemplary embodiment, the reproduction sampling fre-
quency I, and the recording sampling frequency F,, are
set according to the following Equation (7).

F,

play

=ESfj], Free=s[j+1] M

For example, in the example in FIG. 10, when j=1 is input
as the selection number for the sampling frequency, the set-
ting section 21 sets the reproduction sampling frequency F
at 11.25 kHz, and sets the recording sampling frequency F
at 16 kHz.

The DAC 22 converts an output signal y[t] that is a digital
signal output from the reproduction controller 29, as
described later, into the reproduction signal that is an ana-
logue signal based on the reproduction sampling frequency
F .., set by the setting section 21.

The ADC 23 converts the recording signal that is an ana-
logue signal into an input signal x[t] that is a digital signal
based on the recording sampling frequency F,.. set by the
setting section 21, and outputs the input signal x[t] to the
signal separator 25.

Based on the reproduction sampling frequency F,,;,,, set by
the setting section 21, the signal separator 25 separates the
input signal x[t] input from the ADC 23 into a low region
signal x,,,, [t] and a high region signal x,,_, [t]. A band sepa-
ration filter (a FIR) as expressed in the following Equation (8)
is employed for signal separation.

rec

=

-1
ali] - x[r—1i],

®)
Xpighll] =

I
=3

Xiowlt] = X[t] = Xpign 7]

Wherein oi] is a filter coefficient (HPF) of a filter i and M
is the filter order. The filter is designed such that a signal in the
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band less than the reproduction sampling frequency F,,, is a
low region signal, and a signal in the band of the reproduction
sampling frequency F,,,,, and higher is a high region signal.
The signal separator 25 generates a low region down sam-
pling signal r,,,, [t] that is the low region signal x,,,,, [t] down-
sampled according to the reproduction sampling frequency
F ;4 The signal separator 25 outputs the high region signal
X5 [1] 10 the breakup detector 26, and outputs the low region
down sampling signal 1, [t] to the synchronizer 27.

The breakup detector 26 employs 1 frames worth of a high
region signal x,,,, [1]=0, 1 and so on to N-1, wherein N is the
sampling point number in 1 frame) input from the signal
separator 25 to compute the high region power p,,,, accord-
ing to the following Equation (9).

N—

1S ©)
Phigh = ﬁz (nign i)
=

The breakup detector 26 detects breakup based on the
computed power py,,;- As described above, the power of the
high region is higher when breakup is present than when
breakup is absent. As represented by following Equation (10),
the breakup detector 26 therefore outputs a breakup detection
result=1 to indicate the presence of breakup when the power
DPrign 18 larger than the threshold value THR. However, the
breakup detector 26 outputs the breakup detection result=0to
indicate the absence of breakup when the power p,,,, is the
threshold value THR or lower.

1 if(ppign > THR) (10)

result = {
0 else

The synchronizer 27 stores the input sound source signal
z[t] in the sound source signal storage section 27a. As illus-
trated in FIG. 11, the sound source signal storage section 27a
is a storage section with storage regions z,, (n=0, 1 and so on
to N-1, wherein N=6 in the example in FIG. 11) for each of 1
frames worth of'the sound source signal z[t]. When the sound
source signal z[t] of time t is stored in the sound source signal
storage section 27a, the sound source signals respectively
stored in each of the storage regions z,, at time t—1 are copied
to the respective storage regions z,,,,, and the sound source
signal z[t] at time t is stored in the final storage region z,.
Namely, the sound source signal stored in each of the storage
regions z, is z[t-n].

Moreover, the synchronizer 27 computes a delay d,, .
according to the following Equation (11) to give the maxi-
mum correlation between the low region down sampling sig-
nal r,,, [t] input from the signal separator 25 and the sound
source signal z[t] stored in the sound source signal storage
section 27a.

N-1 an
dmax = wlt] -zt —d
arg;nax [; (Fiowlt] - 2[r ])]

Moreover, the synchronizer 27 uses the computed delay
d,, .. to generate a sync signal k[t] corresponding to the input
signal as k[t]=z[t-d,,,.].

As expressed by the following Equation (12), the storage
controller 28 computes a power p,,,, of a sound source signal

in which breakup has occurred (corresponding to a low region
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of'the input signal) from the sync signal k[t] corresponding to
the input signal x[t] in which breakup is detected.

= 12)

Puow = 35 -, (I

i=0

As expressed in the following Equation (13), the storage
controller 28 renews a minimum power p,,,, [n] with the
computed p,,,, when the power p,,,, is lower than the mini-
mum power p,,,,, [n—1] already stored in the minimum power
storage section 28a. The p,,,,,, [n-1] is however used unmodi-
fied as the minimum power p,,,,, [n] when the computed p,,,,,
is the minimum power p,,,,, [n—1] or greater.

Piow if((result = 1) and (piow, < Prinln = 11)) (13)

Pmin(n) = {

Prinln—1] else

The reproduction controller 29 uses 1 frames worth of the
sound source signal z[i] (i=0, 1, and so on up to N-1) to
compute the sound source signal power p,,, for example
according to the following Equation (14).

14

The minimum power p,,,, stored in the minimum power
storage section 28« is the minimum out sound source signal
power when breakup is detected, and there is a high probabil-
ity that breakup is occurring when the sound source signal
power p,,, is larger than the minimum power p,,,;,,- The repro-
duction controller 29 therefore suppresses the sound source
signal 7[t] so as to lower the sound source signal power p,,, to
the minimum power p,,,,, when the sound source signal power
P, 1s larger than the minimum power p,,,;,,. For example, the
reproduction controller 29 generates an output signal y[t] that
is the sound source signal z[t] that has been attenuated accord-
ing to the following Equation (15), and outputs the output
signal y[t]. When the power p,, of the sound source signal is
the minimum power p,,,,, or higher the sound source signal
z[t] is output unmodified as the output signal y[t].

Prinln] (13
Yl = - Pin

z[1]

if(pin > Pminn])

else

The audio processing device 20 may for example be imple-
mented by a computer 230 as illustrated in FIG. 12. The
computer 230 includes a CPU 32, a memory 34, a non-
volatile storage section 36, and an input-output interface (IF)
38. The CPU 32, the memory 34, the storage section 36 and
the input-output IF 38 are connected to each other through a
bus 40. The speaker 53 and the microphone 54 are connected
to the input-output IF 38.

The storage section 36 can be implemented for example by
a HDD or flash memory. The storage section 36 serving as a
storage medium is stored with an audio processing program
70 for causing the computer 230 to function as the audio
processing device 20. The storage section 36 includes a sound
source signal storage region 77a for storing the sound source
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signal, and a minimum power storage region 78a for storing
the minimum power p,,,. The CPU 32 reads the audio
processing program 70 from the storage section 36, expands
the audio processing program 70 into the memory 34, and
sequentially executes processes of the audio processing
program 70.

The audio processing program 70 includes a setting
process 71, a DAC process 72, an ADC process 73, a signal
separation process 75, a breakup detection process 76, a
synchronization process 77, a storage control process 78 and
an reproduction control process 79.

The CPU 32 operates as the setting section 21 illustrated
in FIG. 9 by executing the setting process 71. The CPU 32
operates as the DAC 22 illustrated in FIG. 9 by executing the
DAC process 72. The CPU 32 operates as the ADC 23
illustrated in FIG. 9 by executing the ADC process 73. The
CPU 32 operates as the signal separator 25 illustrated in
FIG. 9 by executing the signal separation process 75. The
CPU 32 operates as the breakup detector 26 illustrated in
FIG. 9 by executing the breakup detection process 76. The
CPU 32 operates as the synchronizer 27 illustrated in FIG.
9 by executing the synchronization process 77. The CPU 32
operates as the storage controller 28 illustrated in FIG. 9 by
executing the storage control process 78. The CPU 32
operates as the reproduction controller 29 illustrated in FIG.
9 by executing the reproduction control process 79.

When the audio processing device 20 is implemented with
the computer 230, the sound source signal storage region
77a is employed as the sound source signal storage section
27a illustrated in FIG. 9, and the minimum power storage
region 78a is employed as the minimum power storage
section 28a illustrated in FIG. 9. The computer 230 execut-
ing the audio processing program 70 accordingly functions
as the audio processing device 20.

Note that it is possible to implement the audio processing
device 20 with, for example, a semiconductor integrated
circuit, and more particularly with an ASIC or the like.

Explanation next follows regarding operation of the sec-
ond exemplary embodiment. When sound source signal
reproduction processing is started in the mobile phone 50,
the CPU 32 first expands the audio processing program 70
stored in the storage section 36 into the memory 34 and then
executes the audio processing illustrated in FIG. 13.

At step 200 of the audio processing illustrated in FIG. 13,
the setting section 21 sets the reproduction sampling fre-

quency F,,., in the DAC 22 and the recording sampling
frequency F,,. in the ADC 23 based on an input sampling

frequency selection number j. The setting section 21, for
example with reference to the table of the selection numbers
and the sampling frequencies associated with each other as
illustrated in FIG. 10, sets the reproduction sampling fre-
quency F ;. and the recording sampling frequency I such
that the ﬁplay<F,ec, as expressed by Equation (7).

Then at step 202, the synchronizer 27 copies the sound
source signals stored in each of the storage regions z,, of the
sound source signal storage section 27a to respective storage
regions z,,, and stores the sound source signal z[t] in the
final storage region z,.

Then at step 204, the reproduction controller 29 employs
1 frames worth of the sound source signal z[i] (i=0, 1 and so
on to N-1) to compute the sound source signal power p,,.
Then the reproduction controller 29 determines whether or
not the computed power p,,, of the sound source signal is
greater than the minimum power p,,,,,- Processing proceeds
to step 206 when p, >p,,,,,. and the reproduction controller
29 generates an output signal y[t] of the attenuated sound
source signal z[t] in which the power p,,, of the sound source
signal has been lowered to the minimum power p,,,,, and
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outputs the output signal y[t]. However, the reproduction
controller 29 outputs the sound source signal z[t] unmodified
as the output signal y[t] when p,,<p,.,,.-

Then at step 210, based on the reproduction sampling
frequency F,,,, set at step 200, the DAC 22 converts the
output signal y[t] that is the digital signal output at step 206
or step 208 into the reproduction signal that is an analogue
signal. The output reproduction signal is output from the
speaker 53 as reproduced sound.

Then at step 212, the ADC 23 acquires the recording
signal collected by the microphone 54. Then based on the
recording sampling frequency F, . set at step 200, the ADC
23 converts the recording signal that is an analogue signal
into the input signal x[t] that is a digital signal.

Then at step 214, based on the reproduction sampling
frequency F,,, set at step 200, the signal separator 25
separates the input signal x[t] that was converted at step 212
into a low region signal x,,,, [t] and a high region signal x,,,,,
[t]. The signal separator 25 also generates a low region down
sampling signal r,,,, [t] of the low region signal x,,,, [t]
down-sampled corresponding to the reproduction sampling
frequency F,,, .

Then at step 216, the synchronizer 27 computes the delay
d,, . that is the highest correlation between the low region
down sampling signal r;,,, [t] generated at step 214 and the
sound source signal z[t] stored in the sound source signal
storage section 27a. The synchronizer 27 then uses the
computed delay d,, . to generate a sync signal k[t] corre-
sponding to the input signal, k[t]=z[t-d,,,.].

Then at step 218, the breakup detector 26 uses 1 frames
worth of the high region signal x,,,,, [i] (i=0, 1, and so on to
N-1) separated at step 214 to compute a high region power
Prigr- Then when the computed power p,,,, is greater than a
predetermined threshold value THR, the breakup detector 26
outputs a breakup detection result=1 to indicate the presence
of breakup. However, the breakup detector 26 outputs the
breakup detection result=0 to indicate the absence of
breakup when the power p,,;, is the threshold value THR or
lower.

Then at step 220, the storage controller 28 determines
whether or not the breakup detection result output at step
218 is 1. Processing proceeds to step 222 when the result=1,
and processing proceeds to step 228 when the result=0.

At step 222, the storage controller 28 computes a power
Do, ©f the sound source signal when breakup has occurred
from the sync signal k[t] corresponding to the breakup
detected input signal x[t]. The storage controller 28 then
determines whether or not the computed power p,,, is
smaller than the minimum power p,,,,, [n-1] already stored
in the minimum power storage section 28a. Processing
proceeds to step 224 when p,,,, <P, [n—1], and the storage
controller 28 renews the minimum power p,,,,, [n] with p,,,,..
However processing proceeds to step 226 when p;,,.2Dir
[n-1],andp,,,, [n-1] is used unmodified as minimum power
Do (1]

Then at step 228 determination is made as to whether or
not a following sound source signal exists. A following
sound source signal exists when reproduction processing of
the mobile phone 50 continues, and so processing returns to
step 202, and the processing of steps 202 to 226 is repeated.
However, no following sound source signal exists when the
reproduction processing has finished and so the audio pro-
cessing is ended.

As explained above, according to the audio processing
device 20 of the second exemplary embodiment, during
reproduction of a sound source signal using a mobile phone,
a recording signal collected by the microphone is converted
into an input signal using a higher recording sampling
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frequency than the reproduction sampling frequency when
reproducing the sound source signal. Then breakup in the
input signal is detected based on the power of a high region
of the reproduction sampling frequency and higher. The
minimum power is stored of the sound source signal for
synchronization to the input signal when breakup is
detected, and the sound source signal is attenuated before
reproduction when the power of the sound source signal is
greater than the minimum power. Consequently, breakup can
be detected during reproduction of a sound source signal
without the need for prior calibration using a test signal.

Note that the breakup detection method of the first exem-
plary embodiment may be applied to the second exemplary
embodiment, and the breakup detection method of the
second exemplary embodiment may be applied to the first
exemplary embodiment. Namely, breakup detection may be
performed in the second exemplary embodiment based on a
ratio between the low region spectrum and the high region
spectrum. Or, breakup detection may be performed in the
first exemplary embodiment based on the power of the high
region signal.

Although explanation has been given in the first exem-
plary embodiment of a case in which breakup detection is
performed based on the difference between power of the
entire low region spectrum and power of the entire high
region spectrum, there is no limitation thereto. Breakup
detection may be performed based on a difference between
the power of a signal of a portion contained in the low region
and a signal of a portion contained in the high region.
Moreover, there is no limitation to a difference between the
power of a low region signal and the power of a high region
signal, and breakup detection may be performed based on a
ratio between the power of a low region signal and the power
of a high region signal. Moreover, although explanation has
been given in the second exemplary embodiment of a case
in which breakup detection is performed based on power of
the entire high region there is no limitation thereto. Breakup
detection may be performed based on the power of a signal
of a portion contained in the high region.

Moreover, explanation has been given above of a mode in
which the audio processing programs 60 and 70 that are
examples of an audio processing program of technology
disclosed herein are pre-stored (installed) as programs on the
storage section 36. However, the audio processing program
of technology disclosed herein may be provided in a format
recorded on a recording medium such as a CD-ROM or
DVD-ROM.

An aspect of technology disclosed herein exhibits the
advantageous effect of enabling breakup to be detected
during reproduction without needing to perform calibration.

All examples and conditional language provided herein
are intended for the pedagogical purposes of aiding the
reader in understanding the invention and the concepts
contributed by the inventor to further the art, and are not to
be construed as limitations to such specifically recited
examples and conditions, nor does the organization of such
examples in the specification relate to a showing of the
superiority and inferiority of the invention. Although one or
more embodiments of the present invention have been
described in detail, it should be understood that the various
changes, substitutions, and alterations could be made hereto
without departing from the spirit and scope of the invention.

What is claimed is:

1. An audio processing device comprising:

a processor configured to execute a process, the process

comprising;

setting a reproduction sampling frequency and a recording

sampling frequency higher than the reproduction sam-
pling frequency;
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based on the reproduction sampling frequency, converting
a sound source signal that is a digital signal into a
reproduction signal that is an analogue signal;
based on the recording sampling frequency, converting a
5 recording signal that is an analogue signal obtained by
recording sound that has been reproduced according to
the reproduction signal converted into an input signal
that is a digital signal;
separating the input signal converted into a low region
signal contained in a band of less than the reproduction
sampling frequency and a high region signal contained
in a band of the reproduction sampling frequency and
higher; and
detecting whether or not breakup is occurring in the
reproduced sound based on power of the high region
signal, or based on a difference or ratio between power
of the high region signal and power of the low region
signal.
2. The audio processing device of claim 1, wherein the
recording sampling frequency is set at twice the reproduc-
tion sampling frequency.
3. The audio processing device of claim 1, wherein
breakup is detected as occurring in the reproduced sound
when the power of the high region signal is greater than a
predetermined first threshold value, or when a difference or
a ratio between the power of the high region signal and the
power of the low region signal is smaller than a predeter-
mined second threshold value.
4. The audio processing device of claim 1, wherein the
process further comprises:
storing a specific time period worth of a sound source
signal prior to converting to the reproduction signal,
and then, based on a correlation between the stored
sound source signal and the input signal, synchronizes
the stored sound source signal and the input signal;

storing power of the stored sound source signal for
synchronizing to an input signal when breakup is
detected by the breakup detector; and

when power of a sound source signal prior to converting

to the reproduction signal is greater than the power of
the stored sound source signal, controlling the sound
source signal prior to converting to the reproduction
signal such that breakup does not occur.

5. The audio processing device of claim 4, wherein the
process further comprises:

attenuating the sound source signal prior to converting to

the reproduction signal such that the power of the
sound source signal prior to converting to the repro-
duction signal is the power of the stored sound source
signal or lower.

6. The audio processing device of claim 1, wherein the
5 process further comprises:

suppressing that suppresses the low region signal when

breakup is detected by the breakup detector.

7. The audio processing device of claim 6, wherein the
process further comprises:

estimating a breakup signal that is a low region signal
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containing a breakup component corresponding to the
high region signal in which breakup has been detected
by the breakup detector,
wherein the low region signal is suppressed by multiply-
65 ing the low region signal by a gain that is larger the

smaller the difference is between the estimated breakup
signal and the separated low region signal.
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8. An audio processing method comprising:

setting a reproduction sampling frequency and a recording
sampling frequency higher than the reproduction sam-
pling frequency;

based on the reproduction sampling frequency, converting

a sound source signal that is a digital signal into a
reproduction signal that is an analogue signal;
based on the recording sampling frequency, converting a
recording signal that is an analogue signal obtained by
recording sound that has been reproduced according to
the converted reproduction signal into an input signal
that is a digital signal;
separating the converted input signal into a low region
signal contained in a band of less than the reproduction
sampling frequency and a high region signal contained
in a band of the reproduction sampling frequency and
higher; and
detecting whether or not breakup is occurring in the
reproduced sound based on power of the high region
signal, or based on a difference or ratio between power
of the high region signal and power of the low region
signal.
9. The audio processing method of claim 8, wherein the
recording sampling frequency is set at twice the reproduc-
tion sampling frequency.
10. The audio processing method of claim 8, wherein
breakup is detected as occurring in the reproduced sound
when the power of the high region signal is greater than a
predetermined first threshold value, or when a difference or
a ratio between the power of the high region signal and the
power of the low region signal is smaller than a predeter-
mined second threshold value.
11. The audio processing method of claim 8, further
comprising:
storing a specific time period worth of a sound source
signal prior to converting to the reproduction signal,
and then synchronizing the stored sound source signal
and the input signal based on a correlation between the
stored sound source signal and the input signal;

storing power of the stored sound source signal for
synchronizing to an input signal when breakup is
detected; and
when power of a sound source signal prior to converting
to the reproduction signal is greater than the power of
the stored sound source signal, controlling the sound
source signal prior to converting to the reproduction
signal such that breakup does not occur.
12. The audio processing method of claim 11, wherein the
sound source signal prior to converting to the reproduction
signal is attenuated such that the power of the sound source
signal prior to converting to the reproduction signal is the
power of the stored sound source signal or lower.
13. The audio processing method of claim 8, further
comprising suppressing the low region signal when breakup
is detected.
14. The audio processing method of claim 13, further
comprising:
estimating a breakup signal that is a low region signal
containing a breakup component corresponding to the
high region signal in which breakup has been detected,

wherein the low region signal is suppressed by multiply-
ing the low region signal by a gain that is larger the
smaller the difference is between the estimated breakup
signal and the separated low region signal.
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15. A non-transitory recording medium having recorded
thereon an audio processing program for causing a computer
to execute a process, the process comprising:

setting a reproduction sampling frequency and a recording

sampling frequency higher than the reproduction sam-
pling frequency;

based on the reproduction sampling frequency, converting

a sound source signal that is a digital signal into a
reproduction signal that is an analogue signal;
based on the recording sampling frequency, converting a
recording signal that is an analogue signal obtained by
recording sound that has been reproduced according to
the converted reproduction signal into an input signal
that is a digital signal;
separating the converted input signal into a low region
signal contained in a band of less than the reproduction
sampling frequency and a high region signal contained
in a band of the reproduction sampling frequency and
higher; and
detecting whether or not breakup is occurring in the
reproduced sound based on power of the high region
signal, or based on a difference or ratio between power
of the high region signal and power of the low region
signal.
16. The non-transitory recording medium having recorded
thereon an audio processing program of claim 15, wherein
the recording sampling frequency is set at twice the repro-
duction sampling frequency.
17. The non-transitory recording medium having recorded
thereon an audio processing program of claim 15, wherein
breakup is detected as occurring in the reproduced sound
when the power of the high region signal is greater than a
predetermined first threshold value, or when a difference or
a ratio between the power of the high region signal and the
power of the low region signal is smaller than a predeter-
mined second threshold value.
18. The non-transitory recording medium having recorded
thereon an audio processing program of claim 15, wherein
the process further comprises:
storing a specific time period worth of a sound source
signal prior to converting to the reproduction signal,
and then synchronizing the stored sound source signal
and the input signal based on a correlation between the
stored sound source signal and the input signal;

storing power of the stored sound source signal for
synchronizing to an input signal when breakup is
detected; and

when power of a sound source signal prior to converting

to the reproduction signal is greater than the power of
the stored sound source signal, controlling the sound
source signal prior to converting to the reproduction
signal such that breakup does not occur.

19. The non-transitory recording medium having recorded
thereon an audio processing program of claim 18, wherein
the sound source signal prior to converting to the reproduc-
tion signal is attenuated such that the power of the sound
source signal prior to converting to the reproduction signal
is the power of the stored sound source signal or lower.

20. The non-transitory recording medium having recorded
thereon an audio processing program of claim 15, wherein
the process further comprises suppressing the low region
signal when breakup is detected.

21. The non-transitory recording medium having recorded
thereon an audio processing program of claim 20, wherein
the process further comprises:
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estimating a breakup signal that is a low region signal
containing a breakup component corresponding to the
high region signal in which breakup has been detected,

wherein the low region signal is suppressed by multiply-
ing the low region signal by a gain that is larger the 5
smaller the difference is between the estimated breakup
signal and the separated low region signal.
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